The breadth of expression in singing depends on fine control of physiology and acoustics. In this review, the basic concepts from speech acoustics, including the source-filter model, models of the glottal source and source-filter interactions, are described. The precise control, the extended pitch range, the timbre control and, in some cases, the uses of alternate phonation modes all merit further attention and explanation. Here we review features of the singing voice and the understanding that has been delivered by new measurement techniques. We describe the glottal mechanisms and the control of vocal tract resonances used in singing. We review linear and nonlinear components of the voice and the way in which they are measured and modelled and discuss the aero-acoustic models. We conclude with a list of open questions and active fields of research.
INTRODUCTION
The singing voice is probably the most versatile musical instrument of all. As a musical instrument, it covers a range of some 80 dB in intensity, two to four or five octaves in fundamental frequency and a broad range of timbre in numerous singing styles. In addition to the properties of a musical instrument it adds verbal components to the performance, which allows the expression of nearly all aspects of spoken language. The power source of the singing voice is the same as that used for breathing -one of our most vital and basic functions -which probably contributes to the close relation between the singer's mood and vocal expression.
The singing voice is probably our species' oldest musical instrument. Nevertheless, its production, performance and perception are fascinating fields of ongoing research in domains such as acoustics, voice, phoniatrics, musicology and education. Further, the requirement of precise control of pitch in much of singing requires a deeper understanding, and a consideration of behaviours, such as resonance tuning, that are observed in singing but that are probably rare in speech, with the possible exception of theatrical speech. Due to its interdisciplinary nature, the results of singing voice research often have impact in several domains. One example is the understanding of the production of the growl sound and the impact of its performance on voice health [1] .
Registers
The variety of singing sounds is produced by a single instrument, qualitatively similar for everyone, which consists of three subsystems: a breathing apparatus (muscles, lungs, bronchi, trachea) delivers air flow, the larynx converts some of the aerodynamic energy in that flow into acoustic waves, and the vocal tract (the upper part of the larynx, pharynx, oral and nasal cavities) modifies these waves to produce a wide range of sounds. The perceived vocal qualities of the resulting sound can be categorised into singing-voice registers, each register corresponding to a pitch range with homogeneous timbre [15] . The singing-voice registers result from specific pneumo-phono-articulatory adjustments made by the singer to achieve a target vocal quality. Much remains to be understood regarding these adjustments [16] .
Recent studies have explored articulatory behaviors in the main singing-voice registers for both male and female operatic singers by means of a dynamic Magnetic Resonance Imaging technique [17] [18] [19] . For the studied singers, the transition from modal to falsetto registers resulted in only minor modifications of vocal-tract shape, such as an elevation and tilting of the larynx and a lifted tongue dorsum. In comparison, the transition from modal to voixmixte registers resulted in major modifications, such as a pharynx widening, lip and jaw openings, and increased jaw protrusion.
The laryngeal nature of singing-voice registers, to which the term register may sometimes solely refer [20] , can be described in terms of vocal-fold biomechanics, glottal-flow properties and non-linear dynamics (see section 5) . From a physiological point of view, many researchers, including the present authors, described human voice production in terms of four laryngeal mechanisms (M0, M1, M2, M3), each associated with a different biomechanical configuration of the laryngeal vibrator over the voice frequency range [21] . The main mechanisms (M1 and M2) are used in classical and non-classical singing styles. Modal, chest and male head voice are produced in M1, falsetto and female head voice are produced in M2. The use of M0 (synonymous with vocal fry and strohbass) can be found in Rhythm and Blues singing (e.g. Clarence 'Frogman' Henry). The laryngeal mechanism M3 (synonymous with whistle, or flute register) might be used in classical singing to reach the highest notes in the top range of light sopranos. It is commonly used in jazz (e.g. Mimi Perrin, 'Les double six').
Ranges
The tonal pitch is defined by the vibratory frequency of the vocal folds (f o ). In singing, the different laryngeal mechanisms can produce frequencies from a few Hz to more than 2000 Hz, depending on the laryngeal mechanism in use [20, 22] . According to Roubeau [22] , who measured it on a group of 42 subjects, men in M1 sing from about 78 Hz (D#2) to 370 Hz (F#4) and women from about 147 Hz (D3) to 392 Hz (G4). In M2, men sing from about 165 Hz (E3) to 660 Hz (E5) and women from about 196 Hz (G3) to 1046 Hz (C6). The voice of children has not been intensively studied yet. However, the importance of voice training [23] and the particularities in physiology and voice properties such as voice range profile [24] of children are subjects of current research.
Intonation
In many styles of singing, precise pitch control is a desirable skill. The perceived pitch of a sung sound is largely determined by the fundamental frequency of vibration of the vocal folds and less directly by the intensity, overall timbre and duration of the sound being produced. Auditory feedback allows the singer to monitor and thus to adjust the pitch appropriately while singing. Quantitative monitoring of fundamental period to an accuracy of 1µs of vocal fold vibration is now reported [25] . Subjects were found to be more accurate when they tune a note against a recording of themselves singing a reference note as opposed to tuning to a reference note from a female singer or a non-vocal complex tone [26] . In-tune singing and accurate ensemble intonation is essential for a cappella (unaccompanied) choral singing and singers tend towards just intonation, i.e. to a non-equal temperament with commensurate ratios among notes in a chord [27] . A consequence is that pitch may drift when music changes key in some ways [28] . Performers can either stay in-tune or in-pitch; the latter requiring a pitch shift which has been commented on since the sixteenth century [29] .
Vibrato
In singing, vibrato consists of a modulation of fundamental frequency. It is a very common feature in singing that is especially associated with Western opera [30] . Sundberg [30] gives four parameters that quantify vibrato: rate (typically 5-7.5 Hz), extent (typically 1 semitone for opera singers), regularity (generally consistent but tends to vary most during the negative phase) and waveform (approximately sinusoidal). Vibrato in singing is usually accompanied by amplitude variation, which may in part be due to source-filter interactions. Only a few cycles of vibrato may appear in short sung notes. The perceived pitch of such notes appears to be a function of the vibrato phase at the end of the note [31] , but when sinusoids rather than synthesized /a/ vowels are used, there are variations in the pitch changes perceived [32] .
Choir Sound/Choral Blend
Choir singing requires singers to blend with each other such that no one voice dominates and 'individual voices are imperceptible' [33] . This is achieved by reducing the levels of the second and third formants [34] and using a narrower vibrato than in solo singing [34, 35] . Relative positioning of choir singers can alter blend and singers often have a preference for being mixed with other parts. Tuning and blend can be directly affected by the performance space itself and by the positions of the singers relative to each other. Daugherty [36] found that the spacing of singers relative to each other had a greater impact on the overall ensemble sound than whether or not the singers were in sections or in mixed formation. In terms of the acoustics of the performing space, Aspaas et al. [37] found no difference in the overall diffuse-field auditorium spectrum when choirs sang in different formations, but singers were able to hear each other better in the mixed formation. Perceptually, musicians can consistently label good and bad blend but they are more consistent for altos and basses than for sopranos and tenors [38] .
Another element found to influence the ability of a choir singer to sing in-tune is the extent to which singers can hear their own output against those of the singers around them, and Ternström [39] introduced the term Self-to-other ratio to quantify this effect. Singers sang vowels accompanied by a synthesised version whose output level was controlled by the singer's level picked up by a microphone. The singer controlled the level of the synthesised vowel by moving towards or away from the microphone. Preferences were reported to be 2 dB with considerable individual variation. Measurements have also been made for members of an opera chorus singing in the Sydney Opera House [40] . Here the values were higher at +10 dB to +15 dB; each singer was easily able to hear him/herself but less able to hear other singers and the orchestra.
VOICE SOURCE ASSESSMENT
Three basic musical parameters of the singing voicepitch, loudness and duration -are determined by the laryngeal sound production process. This process also contributes to other singing voice properties, such as timbre, projection and text intelligibility. Since the glottis cannot be easily investigated during singing without severe disturbance of the singer, a number of indirect methods have been developed. A comprehensive overview of voice analysis methods is given by [41] .
The Source-Filter Model
The source-filter model treats the vocal tract as an acoustical duct leading from the larynx to the sound radiation field outside, passing via the mouth, nose or both. Fig. (1) represents the model. The glottis is the source and the envelope of its spectrum is usually monotonically decreasing with increasing frequency. The acoustic current output at the lips encounters the radiation impedance, which increases monotonically with frequency. Between the two, resonances of the vocal tract introduce stronger frequency dependence [42] (also referred to as 'formants' in voice sciences. We return to discuss terminology, resonances and formants in section 4.1).
The frequency (R1) of the first resonance lies somewhere between 0 and 1 kHz, that of the second (R2) lies between about 1 and 2 kHz. The values of R1 and R2 depend strongly on the articulation: opening the mouth increases R1 (and to a lesser extent R2) [43] ). R2 is a strong function of the position (forward or back) of the point in the mouth at which the tongue constricts the tract and on the rounding of the lips.
Each vowel sound is associated with a particular range of (R1,R2) and therefore can be produced by a particular articulation. The higher resonances are associated with the timbre of the voice, rather than with phonemes.
Inverse Filtering
From a signal point of view, the glottal source is the acoustic flow at the glottis, which can be represented by an anti-causal two-pole low-pass filter with a -12 dB/oct. spectral slope [44] . The vocal-tract transfer function is approximated by an all-pole filter, and the lip radiation by a high-pass filter with a +6 dB/oct spectral slope. An assumption of linearity is commonly made, which means Fig. (1) . A cartoon representation of the source filter model (from [138] ). Normal phonation produces a periodic vibration and thus a harmonic spectrum at the glottis. A whisper produces a quasi-continuous spectrum. These are the glottal source input to the vocal tract. Resonances in the vocal tract give it a gain that varies strongly with frequency. The radiation impedance at the lips increases at about 6 dB/octave. (All the spectra are sketched in the logarithmic dB scale, which is why the effects add rather than multiply). The spectrum of the output sound is determined by the frequency dependence of source, gain and radiation impedance. that glottal source, vocal-tract filter and lip radiation are assumed to be independent from each others. The vocal-tract filtering effect can thus be estimated and removed from the output voiced sound, resulting in an estimate of the glottal flow derivative, or the glottal flow itself by additional integration. This technique is referred to as inverse-filtering [45] [46] [47] . The main limitation of this technique in singingvoice assessment is that the spectral spacing between voice harmonics becomes greater when pitch increases [48] .
Stroboscopy/High-Speed -Endoscopic Visualisation
The most direct methods to assess the physiological properties of the voice source are endoscopic visualisation through the oral or the nasal cavities (using rigid or flexible endoscopes respectively). While inverse-filtering techniques estimate transglottal airflow, videoendoscopic techniques estimate glottal area [49] . For a few decades, colour videoendoscopy and videostroboscopy have been common tools in both voice science and medicine [50] . These visualisation techniques have been refined by the introduction of videokymography [51] , which enhances time resolution in display by using a single line of the image, chosen on the glottal plane. Spatial information can be added by strobophotoglottographic transillumination (SPGG) [52] . Recent advances in endoscopy use imaging systems capable of acquiring several thousands of image per second [53] . Such systems allow to examine the basic physiological mechanisms of different singing styles [54] . Originally in monochrome, the high-speed images can be obtained via CCD colour camera. Image resolution at high speed requires bright illumination. High-speed sequences produce large numbers of data, and data reduction and display are currently the main challenges. Advanced image-processing algorithms have been proposed for glottal-edge detection, and kymograms or phonovibrograms are used to display temporal data within one single image [55] .
Electroglottography -Vocal Fold Contact Measurement
Among the indirect methods to measure glottal properties in phonation, electroglottography (EGG) is the most widely used. Two electrodes placed on the singer's neck at the glottal level measure the electrical admittance, whose varying component is largely due to the variation in vocalfold contact. EGG allows a direct and non-invasive measurement of vocal-fold contact area [56] . It is thus complementary to imaging techniques. EGG has been used to identify laryngeal mechanisms [21] . Glottal closing and opening instants can be determined from the differentiated EGG signal, and hence glottal parameters such as fundamental frequency, open, closed or contact quotients can be derived [57] . The technique can be refined by the use of several electrodes [58, 59] which can give access to larynx position and supra glottal contact such as ventricular-fold vibration. Developing new methods for analysing and displaying electroglottographic signals and their first derivative is the subject of on-going research [60] .
Voice Range Profile
The Voice Range Profile (VRP), also called phonetogram, plots the frequency range and the corresponding SPL of a singer's voice [22, [61] [62] [63] [64] [65] [66] [67] . It can be supplemented with acoustical voice-quality parameters [62] , or with perceptual data [68] . The pitch range of a VRP is strongly dependent on the laryngeal mechanism [21] . The VRP upper and lower limits will depend on the sung vowel [69] , and on the singing task [70] .
THE ROLE OF THE TRACT-FILTER
The source-filter model introduced above treats the vocal tract as an acoustical duct leading from the larynx to the sound radiation field outside, passing via the mouth, nose or both. The tract geometry is not only complicated, but varies rapidly in time. Further, evolution has given us not only exquisite muscular control of that geometry, but also audition sensitive enough to distinguish the subtle changes in the voice that are produced by even small variations in articulation. Because of these subtleties and because of the enormous importance of the voice to human communication and culture, we are interested in quantifying its acoustic properties in a large number of different configurations, and in quantifying them precisely.
The voice itself is a very useful probe of the frequency response of the vocal tract. In the section on the source-filter model, we saw that the spectral envelope of the sound radiated from the mouth depends on the spectrum of the voice source at the larynx, the gain function of the tract, the spectrum of radiation impedance at the mouth and interactions among these.
The radiation impedance is relatively simple: it is dominated by the inertia of the air just outside the mouth and so, to a good approximation, it increases by 6 dB per octave [71] . The voice source spectrum and the gain spectrum are more complicated and of particular interest to us. They are both unknown and somewhat difficult to measure in a speaking or singing voice. Fig. (2) shows four spectra associated with tokens the vowels /3/ and /o/, produced at the same pitch by the same subject. The top line shows the spectra of electroglottograph (EGG) measurements. Of course, an EGG spectrum can not be compared to the spectrum of the acoustic source at the glottis: it is included here to show the similarities in glottal contact between different phonemes.
The second pair of spectra shows the spectrum of the voice radiated from the mouth. This signal has passed through the filter of the vocal tract and the spectral envelope shows several broad maxima. Usually, each of these maxima is associated with a resonance in the vocal tract, and vice versa.
Formants and Terminology
The word 'formant' may be used with three different meanings. In general acoustics, it usually means a broad maximum in the spectral envelope of a sound. In phonetic sciences however, it usually means either the acoustic resonance itself or the resonance of a filter that can be used to model the vocal tract (with F1, F2, F3 etc. usually labeling the first, second, third filter in parallel). In most cases, the resonant frequencies and bandwidths of the physical resonance and the filter model are similar. They give rise to a marked peak in the spectral envelope.
There are cases where a resonance does not give rise to a spectral maximum in the voice output signal, such as when a voice, with say 0 f at 500 Hz (B4 a note near the top of the tenor range) sings a vowel such as /u/ with the first tract resonance at 300 Hz. For these reasons, the word 'formant' should therefore be defined when used.
Periodic & Non-Periodic Phonation
The second pair of spectra in Fig. (2) shows the voice sound generated by normal phonation. Here, the series of maxima in the spectral envelope allow us to estimate the resonance frequencies of a filter model that would produce them. We should remember, however, that the source spectrum also has a dependence on frequency, as does the radiation impedance. The spectral slope of the source is negative, which effect would tend to make the spectral maximum in the speech sound occur at a frequency lower than that of the resonance. The spectral slope of the radiation impedance, however, is positive, which tends to offset that relatively small effect. The precision available, however, is limited by the spacing between the harmonics, which equals The problem of limited frequency sampling may be overcome by using a quasi-continuous source spectrum. The whisper (third row in Fig. 2) is created by turbulent airflow through the glottis, so we have a quasi-continuous spectrum produced very near the glottis. For a few reasons, however, it is not the ideal probe of the vocal tract that it might seem at first glance. The first problem is that its source spectrum is unknown. The second is that that spectrum varies unpredictably with time: it is, after all, noise. The third is that changing the source -here changing the mode of phonation from normal to whisper -changes the properties of the filter [72] . The glottis is on average larger for whispering than for normal phonation, and this raises the resonances of the tract. Similar comments could be made about the use of the creak [73] , synonymous with vocal fry [74, 75] or mechanism 0, as a source to probe the tract gain function, although here the frequency shift is smaller than for whisper.
Broad Band Excitation
An alternative method of determining the tract resonances uses a synthetic source signal placed at the lips. This has the disadvantage that the source is 'at the wrong end' of the tract, but the advantages that the source is known and that its frequency resolution may be good. To make such measurements, a source of acoustic current is synthesised and input at the lips, next to a microphone [76] [77] [78] . Typically, a calibration measurement is made with the mouth closed, and the microphone measurement made during speech or singing is divided by that made during calibration. This ratio is approximately equal to the parallel combination of the acoustic impedances of the tract and the radiation field at lips, divided by the acoustic impedance of the radiation field.
Such measurements are shown in the last row of Fig. (2) . The quasi-continuous curve is the impedance ratio. Superposed on this are the harmonics of the voice. This technique has been used to study how singers use tract resonances, a topic to which we return below.
Tomography and Modelling
An indirect method for determining resonances and other transfer functions of the tract is to acquire a three Fig. (2) . The spectra at left were all recorded for the vowel /3/ and those at right for /o/. They show respectively the electroglottograph signal from near the larynx, the sound radiated from the mouth during normal and whisper phonation and the impedance ratio measured using a broad band source. After [138] . dimensional image of the tract by magnetic resonance tomography [79] [80] [81] . From this image, the shape of the vocal tract may be estimated and, using a model, the acoustic properties of the tract may be calculated e.g. [82, 83] . For analysing the singing voice, this has the complications that MRI images are usually acquired with the subject lying down, which may change the vocal geometry, and in the presence of high levels of noise.
Source-Filter Interaction
We have mentioned above how different types of voice source (normal phonation, whisper or creak) change the properties of the filter. It is also possible that the voice source may be changed by changing the filter.
In mathematical models of autonomous aero-acoustic oscillators, the acoustic load of the upstream or downstream ducts can influence the vibration of the oscillator [84] [85] [86] . It is obvious, for example, that the motion of the lips of a trombonist is strongly influenced by the resonances in the downstream duct: the trombone in this case. The vibration of the vocal folds is somewhat similar to that of the trombonist's lips: both are valves that tend to open under increasing upstream pressure and which tend to close when air flows between them. However, the frequency of vibration of the vocal folds is driven by the biomechanical adjustments within the folds, while the trombonist's lips usually vibrate at a frequency determined by the downstream acoustical load. The extent to which the vocal folds are affected by acoustic loads has not been determined experimentally, but both mathematical models and indirect experiments suggest an effect [87, 88] . Fig. (2) shows that tract resonances can augment the power in some harmonics of the voice and thus increase the overall output power. For the voice shown, with low 0 f , the close spacing between harmonics ensures that at least one harmonic receives a useful boost. The situation is more difficult for higher voices.
Resonance Tuning
The standard soprano range, from C4 to C6, roughly coincides with the normal range of the first resonance R1 -see Fig. (3) . Thus, especially for close vowels with low R1 and high notes, the normal value of R1 often lies below 0 f . A soprano who sang with 0 f above R1 would lose the power boost available. Singing with R1 lying midway between f o and 2f o would also lose this helpful power boost. From observations of how sopranos increased the area of their mouths as they ascended in pitch, Sundberg and colleagues [89] concluded that they were altering vowels so as to tune R1 near 0 f .
Measurements using the broadband technique showed that this indeed occurred and that it is practised by sopranos with a wide range of backgrounds [90] [91] [92] . Tomography studies have shown the articulation involved [18, 93] . If the fundamental frequency of the voice passes from below to above the tract resonance frequency, the acoustic impedance varies from being largely inertive (pressure leads flow) to largely compliant (flow leads pressure) and it is argued that this can produce instabilities in the voice [88] .
As Fig. (3) indicates, R1:f o is not the only possible resonance tuning strategy: it is possible for most voice ranges to tune R1 to higher harmonics (R1:2f o , R1:3f o etc.). Systematic R1:2f o tuning has been observed for altos, and some men singers tune R1:nf o over parts of their range [91] . The very high range of the soprano voice (above C6) is used by coloratura sopranos and some pop and jazz singers. In this range, no mouth geometry can raise R1 sufficiently to match f o . Some of the singers who perform in this range tune the second resonance to the fundamental -R2:f o tuning [92] .
Harmonic Singing
With a low f o , it is possible to tune R2 to one of the higher harmonics. This is practised in harmonic singing, in which a relatively low note is sustained as a drone, which makes it less noticeable, while different harmonics of the drone are selectively enhanced by R2:nf0 tuning. This makes available notes in the harmonic series, which in turn allows playing the notes available to the bugle or natural horn [94] .
A number of different singing styles are gathered under the term harmonic singing. Among these two styles are found two different sound production methods: Kargyraa, a rather rough and low sound that potentially originates from Alto joint vocal fold and ventricular fold action, and Sygyt, a whistle-like sound that features a distinct melody pitch and a rather suppressed drone [95] . Research addresses the acoustic relation between vocal tract shape and melody pitch selection [14, 96] .
NONLINEAR PHENOMENA
The human voice production system can be considered as a system of coupled nonlinear oscillators (e.g. left and right fold, different modes of vibrations, ventricular folds, aerodynamic resonators). Vocal fold vibrations are driven by the airflow provided by lung pressure. The interaction of air flow and tissue movement is highly nonlinear. One reason is that, when kinetic energy is dissipated in turbulence, the pressure drop is proportional to the square of the flow. Moreover, vocal fold collisions and their visco-elastic properties are governed by nonlinear relations [97] . In this section we emphasise that nonlinear dynamics provides an appropriate framework to describe many features of the human voice.
Normal Phonation as Limit Cycle Oscillations
Even regular steady phonation can be discussed from the point of view of nonlinear dynamics: an energy source, the airflow, leads to self-sustained periodic vibrations of the vocal folds with a well-defined period and amplitude. Such an autonomous oscillator is also termed a limit cycle. Limit cycles require energy supply and the steady amplitude is due to losses in nonlinearities such as collisions. The transfer of energy from the air flow to the vocal folds is achieved via wave-like vibration patterns of the folds [15] . The transition from a pre-phonatory standstill to self-sustained oscillations is a manifestation of a 'Hopf bifurcation' [98] . The description of regular phonation as a limit cycle implies that all vibratory modes are synchronised leading to a 'clean' or periodic voice with only tiny perturbations (jitter and shimmer below 1%). In the following we discuss more complex phenomena found in the voice production system.
Subharmonics, Biphonation, and Deterministic Chaos
The theory of coupled oscillators predicts that regular oscillations (limit cycles) can bifurcate to rather complex signals. For example, period-doubling bifurcations may lead to subharmonic oscillations and a secondary Hopf bifurcation might induce another independent sound. Many terms have been introduced to describe these phenomena including octave jump, double harmonic break, diplophonia, biphonation, and noise concentrations (see [99] for references). Here we will use the term subharmonics for frequency components with a fixed ratio such as 1:2 or 1:3 and biphonation for two simultaneously produced independent sounds. Perceptually, these nonlinear phenomena are typically associated with 'rough' sounding voices [100] .
Interestingly, the whole plethora of nonlinear phenomena have been observed in a wide variety of vocalisations: newborn cries [101] , pathological voices [99] , normal speech [102] , Russian lament [103] , animal communication [104, 105] , and in contemporary vocal music [106] .
In some cases the nonlinear phenomena can be traced back to specific physiological mechanisms such as left-right asymmetry [107] , co-vibrations of ventricular folds [108] , anterior-posterior modes within the vocal folds [109] , and source-tract interactions [110] . In jazz, rock music and contemporary vocal music, nonlinear phenomena are exploited to extend the range of traditional principles of phonation. Numerous examples of nonlinear phenomena in vocal improvisations are discussed in [111] .
Interesting applications of nonlinear dynamics theory are register transitions. Regular phonation in different registers can be considered as limit cycles with certain characteristics. Variations of parameters such as muscle tension might induce sudden register-transitions (`bifurcations'). There is experimental and theoretical evidence [112, 113] that these transitions can be accompanied by nonlinear phenomena. Below we discuss an example in some detail.
SINGING VOICE MODELLING
The motivation of modelling musical instruments is twofold. Either the essential physical process of generation of the musical sound is implemented and compared to the original principle for deeper understanding of the sound generation process, or the musical sound that is perceived by a listener is modelled for sound synthesis and music production purposes. The first method can be called `physical modelling', and requires deep insight into the physics of musical instruments, and the realism of the resulting sound depends on the complexity and accuracy of the modelled principles. The second method can be called `sound modelling or synthesis', and is optimised through most accurate shaping of the musical sound signal for each desired style, timbre and pitch. In the ideal case, both concepts converge, i.e. the modelling of the physics of a particular instrument configuration will produce a wave form that corresponds exactly to the original sound.
Current synthesisers for music production employ a number of concepts, ranging from FM synthesis via samplebased sound generation to physical models of various instruments. Among these instruments solo voices are not available yet, but choir sounds as back voices are found that give the impression of a blended choir sound without differentiation of single voices. These sounds are produced using pre-recorded and shaped voice samples, and are mostly limited to the production of one phoneme, e.g. /a/. Obviously, physical voice synthesis can not yet produce realistic voice sounds. However, some aspects of voice production can be modelled accurately. A review of singing voice simulation techniques is given by [96] .
Concepts and Challenges
Nowadays, hardware models of voice generation are mostly used for education purposes. Simple models can be used to demonstrate the source-filter concept, whereas complex models can produce coherent phonemes and simple words since several centuries [114] . The naturalness of the produced sounds is, however, very far from the original. For a number of open research questions hardware models are used and serve as experimental reference for numerical approaches, mostly based upon the famous scaled model of the glottis 'M5' [115] [116] [117] , or 1: 1 vocal fold models [118] .
Numerical models for voice production have evolved significantly in the last years. In this issue some recent approaches are reviewed. Due to the high number of degrees of freedom, numerical models using finite element or similar methods have not yet been used for singing voice synthesis. Numerical models with a smaller number of elements, multiple-or discrete-mass models, have been used successfully for the modelling of various voice phenomena. In [119] a multiple-mass model of the vocal folds and wave propagation through the vocal tract using a wave guideapproach is described. It has recently been applied to the modelling of vocal fold nodules, a frequent voice disease, mainly in female singers [120] . The following paragraph describes the application of a similar model to the simulation of register transitions.
Modelling Register Transitions
In the study of voice production, numerous models have been developed to simulate the vocal fold vibrations ranging from simplified low-dimensional models [97, 107, [121] [122] [123] [124] to complex high-dimensional models [125] .
Up to now, registers have been modelled using distinct sets of biomechanical parameters corresponding to the phonation condition of each register [119, 121] . Based on such models, register transitions can be realised by simulating a muscle activity that corresponds to the transfer between two distinct sets of parameters [126] . f o gliding has been simulated by several models [88, 113, 127, 128] . Moreover, hysteresis of transitions between chest and falsetto registers and voice instabilities observed during the register transitions in excised larynx experiments [129] [130] [131] have been also studied [113, 128] . The hysteresis implies coexistence of two registers within the same physiological condition of the vocal folds, which is essential for realising an abrupt transition between the registers. As one of few models that simulate the register transitions, a four-mass body-cover polygon model is considered here [128] . This model was developed to replicate as closely as possible the sudden chest-falsetto transitions and the accompanying phenomena observed in a singing Voice
The four-mass model is based on the body-cover differentiation proposed by Story and Titze [121] with onemass representation of the body and three-mass representation of the cover [113] (see Fig. 4) .
A smooth vocal fold geometry as in Lous et al. [123] is also utilised. The three-mass structure in the cover layer was designed by adding one more mass on top of the two-mass model [97, 123] . Addition of the third mass divides the upper part of the cover layer into two portions, which can vibrate out of phase. These phase differences can simulate the mucosal waves, which are observed in the videokymograms of both chest and falsetto registers [129, 131, 132] . In particular, during the falsetto register, the waves are visible only on the thin upper medial portion of the vocal folds and on the upper vocal fold surface. With the three cover masses of the present model, such oscillatory mode can be simulated by the anti-phase oscillations between the upper and the middle masses [113] . Compared with the standard two-mass model, which was not designed to model such small oscillations of the upper vocal fold, the three-mass structure in the cover layer has the advantage of modelling the falsetto register based on the upper vocal fold oscillations, which can easily coexist with the chest register.
The main modelling assumptions are To take into account the influence of the vocal tract, subglottal and supra-glottal resonances are modelled by the wave-reflection analog systems [133] [134] [135] [136] , which were coupled to the vocal folds model in an interactive fashion [88, 136] . To simulate singing a glissando, a tension parameter T is controlled, where T determines the size and the stiffness of the four masses in a way that linearly controls the natural frequency of the four masses. The other parameter values are adopted from the standard values established in the two-mass models [97, 107, 123] . Glissando is simulated in Fig. (5b) by varying the tension parameter T from 1 to 5.5 and then back. In low-frequency regimes (0 s -6.7 s; 17 s -22.5 s), the three cover masses exhibits chest-like vibrations with a complete closure of the glottis (no figure shown). In high-frequency regime (6.7 s -17 s), on the other hand, falsetto-like vibrations with diminished closure of the glottis are discernible (no figure shown). Note that a frequency jump is observed at 6.7 s ( 0 = 390 f Hz), whereas a backward transition takes place at 17 s ( 0 = 350 f Hz). These differences between chest-falsetto and falsetto-chest transitions are an indication of hysteresis (bifurcations leading to the hysteresis are discussed in detail in [113] ). Hysteresis indicates that there are coexisting vibratory regimes (`limit cycles') for a range of parameters. Moreover, hysteresis implies that there are voice breaks instead of passagi of trained singers.
In addition to the register transitions, subharmonics are occasionally observed, e.g., at 8.7 s and 14.1 s. It has been discussed earlier [113, 129] that register transitions are often The tension parameter is increased from T=1 over t < 11.5 s and then decreased back to T = I over 11.5 s < t < 22.5 s.
accompanied by nonlinear phenomena such as subharmonics and chaos. Such phenomena are reproduced in the model simulations. It is also well known that register transitions in untrained singers are accompanied by vocal breaks (see, e.g., [137] ). In the present simulations, sudden jumps of pitch and amplitudes were indeed found while varying the tension parameter T smoothly. In this sense, the four-mass model shows a nice agreement with the glissando of untrained singers. It should be noted that these findings are not sensitive to the modelling details, since the four-mass model represents just the core mechanisms of the vocal folds oscillations. Gross features of the register transitions simulated by the present model are expected to be found commonly in other vocal fold models.
SUMMARY AND OUTLOOK
Singing voice research has advanced significantly in the last few decades, in part because of new tools for voice assessment. Sophisticated models of the glottal-source reproduce many of the features of the singing voice. The role of the 'tract-filter' in resonance tuning and harmonic singing is better understood, but the interaction between the source and the filter is the subject of ongoing research.
Some other singing styles, such as undertone singing, growl and the whistle voice are much less understood. Tools including EGG and high-speed endoscopy have been used to study these styles. However, a number of questions remain unanswered, such as: How are the ventricular folds brought to oscillation in undertone singing? What are the control parameters of register changes? To what extent do non-linear effects occur in singing voice? These questions remain to be answered by new interdisciplinary research. Another important area needing work is making the new understanding available to singers and teachers, in a way that facilitates not only understanding but also learning and training.
